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5 BACKGROUND OF THE INVENTION 

6 1. Field of the Invention 

7 The present invention relates generally to digital signal processors used for 

8 allocation of resources. More particularly, the present invention is a gateway that controls 

9 and allocates a single function for each digital signal processor in a flexible manner to 

10 implement a multi- function system for transmitting Time Division Multiplexed (TDM) 

1 1 telecommunications over a packet network. 

12 2, Background Information 

13 As telecommunication technology advances, the demand for cheaper, better, and 

14 more telecommunication services increases. In the past, separate telephone and facsimile 

1 5 lines were sufficient for a business. Today, separate telephone and facsimile lines are 

16 insufficient even for a residence. In today's society, businesses and residences need 

17 separate telephone, facsimile, and data lines just to keep up with technology. 

18 Thus, as the demands for telecommunication services rise, so does the demand for 

19 more telecommunications lines. As society continues to become computer savvy, the 

20 demand for more telecommunication lines is becoming an increasing problem. In short, 

2 1 present day telecommunication demands are becoming harder to meet. 

22 To meet some of society's needs, businesses and residences are turning to 

23 alternative telecommunication services, such as satellite services, instead of the tradhional 

24 means, i.e., telephone lines. However, even these alternative telecommunication services 
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1 are insufficient to meet society's needs. Telephone companies are running out of 

2 telephone numbers, modems are becoming outdated quicker than ever, and the demand for 

3 telecommunication services continues to rise with no end in sight. 

4 One traditional way to improve telephone service has been through the use of Time 

5 Division Multiplexed (TDM) telephony networks. TDM is based on allocating a time slot 

6 for each channel connected to the system whether the user uses the allocated time slot or 

7 not. However, even with the improvements afforded by TDM technology, telephony 

8 systems are still expensive and cannot provide sufficient telecommunication services. As 

9 a result, there is a need to migrate from the traditional TDM telephony network towards a 

10 packet based network for carrying telecommunication information such as voice/fax/data 

1 1 information. 

12 A packet system adds a header to the information pay load to form an information 

13 packet, and sends the information packets to a desired location. The packets can vary in 

14 size or they may be a set size. If there is too much information to fit into one packet, the 

1 5 information is broken up into several packets with each packet having a header thereby 

16 allowing assembly into a coherent file later. At a minimum, the header indicates where 

17 the packet is being sent and the relative ordering of the packets. Once packets are received 

1 8 at the desired destination, the packets are then recombined in the proper order. Ideally, 

19 packet based systems are high density and low power, 

20 The requirement to have high density and low power for the packet based network 

21 is complicated by the desire to have a flexible system that performs many different 

22 functions on a per channel basis. The goal is to have a system that can provide a wide 

23 variety of functions per channel. For instance, it is desirable to have a system that can be 
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1 used with voice coders, fax modems, and data modems, as well as operating to 

2 accommodate different standards or versions. 

3 The system uses a universal port to handle the different types of 

4 telecommunication information. In order to deliver the different telecommunication 

5 information, the universal port accommodates different functions on a per channel basis. 

6 To make such a system, digital signal processors (DSPs) are used for processing the 

7 different teiecommurdcation information through multiple channels. One approach is the 

8 use of multi-function, multi-channel DSPs where ail functions are available at any time on 

9 all DSP channels, i.e., all of the software for running the system is present on each DSP. 

10 Referring to Fig. 1, a multi-function, multi-channel DSP system architecture is 

1 1 illustrated. According to this approach a universal port is implemented having all 

12 functions available at ail times on a given DSP. As illustrated, the microprocessor 100 

13 contains DSP control software 102 that controls which DSP function is running at any 

14 particular time, with all of the functions being available at all times on the DSP. In this 

1 5 example, the DSP 104 can run functional software to handle G.729A voice compression/ 

16 decompression 106, fax traffic 108, G.723. 1 voice compression/decompression 110, or 

17 modem traffic 112. Similarly, the DSP 114 can run functional software to handle G.723. 1 

18 voice compression/decompression 116, modem traffic 118, G-729A voice compression/ 

19 decompression 120, or fax traffic 122. 

20 In operation, information to and from physical devices, such as a modem 126, a 

21 telephone 128, and fax machine 130, pass through a TDM input 124 and the individual 

22 DSPs (104, 114) for processing. The TDM input 124 assigns times slots for each physical 

23 device. In this case, each physical device is assigned a time slot regardless of whether that 

24 physical device is in use or not. 
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1 The DSP control software 102 in microprocessor 100 determines which function 

2 each of the channels in each DSP will 'operate to process. For example, the DSP 104 can 

3 be running voice compression/decompression according to G.729A. on channel 1, fax 

4 relaying on channels 2 and 3, and a V.90 modem on channel 4. The processed 

5 information is passed to and from an Internet Protocol (IP) network 132. The IP network 

6 132 may be a WAN or LAN type of IP network. 

7 An advantage of this approach is that any channel within a DSP can be executing 

8 any of the configured algorithms. The disadvantage of this approach in DSP utilization is 

9 that it is expensive to have all of the algorithms available for use at all times on a large 

1 0 array of individual DSPs. This approach is also an inefficient use of both memory and 

1 1 power. The increased cost in terms of money, space, and power is a function of the 

12 product of the number of channels and the number of functions supported. 

13 Therefore there is a need for a gateway that interfaces between traditional 

14 telephone equipment and a packet network, which processes and translates telephone 

1 5 network information to packets, and which does so in an efficient manner. 

1 6 SUMMARY OF THE INVENTION 

17 It is an object of the present invention to provide a gateway that allows ' 

1 8 teleconmiunication information from a TDM system to be transmitted over a packet 

19 network. 

20 It is still a further object of the present invention to use a universal port to allow 

21 various forms of telecommunications to be sent over a packet network 

22 It is still a further object of the present invention to use single-function, muhi- 

23 channel DSP system that includes a plurality of DSPs with each DSP running a single 
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1 function on ail of the channels in the particular DSP thereby, transmitting 

2 telecommunications information over' a packet network. 

3 The present invention is a gateway that allows packets to be sent over a TDM 

4 system. The gateway is a universal port that includes a plurality of DSPs that are 

5 controlled by software. The controlling software determines what single function the DSP 

6 will perform over multiple channels. 

7 Some of the above objects are achieved by a telecommunications gateway for 

8 interfacing telecommunications traffic between a TDM network and a packet switched 

9 network. The telecommunications gateway includes a time slot interchanger, plural DSPs 

1 0 and a microprocessor controller. The time slot interchanger is connected to handle traffic 

1 1 from the TDM network. The plural DSPs are connected to handle TDM traffic routed 

12 according to allocation of time slots by the time slot interchanger. The plural DSPs 

13 convert TDM traffic into packets for transport via the packet switched network and 

14 converting packet traffic from the packet switched network for transport via the TDM 

15 network. The microprocessor operates according to software instructions to control time 

16 slot allocation by the time slot interchanger and to control operation of the DSPs. The 

17 microprocessor downloads a respective software module to each of the plural DSPs to 

18 enable the DSPs to each handle telecommunications traffic according to a respective type 

19 of signaling protocol. All chamiels of each of the plural DSPs handle only 

20 telecommunications traffic corresponding to a single one of plural types of signaling 

21 protocols. 

22 Other of the above objects are achieved by a telecommunications gateway that is 

23 adapted to interface telecommunications traffic between a TDM network and a packet 

24 switched network. The telecommunications gateway includes a processor, plural DSPs, 
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1 and a memory for storing software instructions. The plural DSPs are connected between 

2 the TDM network and the packet switched network, convert TDM traffic into packets, and 

3 convert packet traffic for transport via the TDM network. The software instructions stored 

4 in the memory are adapted to enable the processor to perform operations of allocating 

5 TDM traffic and downloading software. TDM traffic is allocated to and from each of the 

6 plural DSPs by assigning time slots. Respective software modules are downloaded to each 

7 of the plural DSPs to enable the DSPs to each handle telecommunications traffic according 

8 , to a respective type of signaling protocol All channels of each of the plural DSPs handle 

9 only telecommunications traffic corresponding to a single one of plural types of signaling 

10 protocols. 

1 1 Some of the above objects are also achieved by a method of interfacing 

12 telecommunications traffic between a time division multiplexed (TDM) network a packet 

1 3 switched network. Actions according to the method correspond to the software driven 

14 operations discussed above. 

1 5 BREEF DESCRIPTION OF THE DRAWINGS 

1 6 The invention will be appreciated by review of the following detailed description, 

1 7 in conjunction with viewing of the appended drawing figures. 

] 8 Fig. 1 illustrates a multi-function, multi-channel DSP system architecture. 

19 Fig. 2 illustrates a single-ftinction, multi-channel DSP system architecture 

20 according to an embodiment of the present invention. 

21 Fig. 3 illustrates a cost analysis comparing a multi-ftmction, multi-channei DSP 

22 system architecture with a single-fiinction, multi-channel DSP system architecture. 
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1 DETAILED DESCRIPTION OF THE INVENTION 

2 The present invention is a gatetvay that allows packets to be sent over a TDM 

3 system. The gateway is a universal port that includes a plurality of DSPs that are 

4 controlled by software. The controlling software determines what single function the DSP 

5 will perform over multiple channels. 

6 The DSPs for implementing a universal port gateway according to the present 

7 invention may be obtained commercially, for example, from Texas Instruments, Inc. 

8 (model nos. 5420 and 549). 

9 Referring to Fig. 2, a single- fiinction, multi-channel DSP system architecture 

10 according to an embodiment of the present invention is illustrated. The single-function, 

1 1 multi-channel system allows only a single function to be run on all channels in a DSP, 

12 thereby reducing the resource requirements per DSP, A microprocessor 200 includes DSP 

13 control and allocation software 202 (hereinafter referred to as "control software") and 

14 download modules 204. Download modules 204 include a fax module 206, modem 

15 modules 208, 210, a G.729A voice compression/decompression module 212, and a 

16 G.723. 1 voice compression/decompression module 214. In this embodiment, the 

17 download modules 204 mclude two modem modules 208 and 210, each of the modem 

18 modules for handling different protocols. Generally speaking, the download modules 204 

19 can include software modules to handle any telecommunication protocols known in the art 

20 or that is developed in the future. 

21 As illustrated, a first DSP 216 is running a G.723. 1 voice compression/ 

22 decompression module 216 that it has downloaded. The first DSP 216 is running one 

23 function only (i.e., compression/decompression of voice signals) on all of the channels in 

24 the first DSP 216. If the first DSP 216 has four channels, then all four channels are 
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1 handling voice compression/decompression. Similarly, a second DSP 220 is running a fax 

2 module 222 that it has downloaded. The second DSP 220 is running one ainction only 

3 (i.e., fax traffic handling) on all of the channels in the second DSP 220. However many 

4 channels the second DSP 220 contains, all of those channels are operating to handle fax 

5 communications. 

6 Control software 202 controls which fiinctions are run on which DSPs. Control 

7 software 202 also controls the time slots for transmitting the telecommunication 

8 information. Using single-function, multi-channel DSPs allows the system to create a 

9 pool of specialized resources. 

1 0 A call coming into the universal port would start off as a voice call. That is, 

1 1 control software 202 would route the call to a DSP that is running voice processing 

1 2 software. If the mode of the phone call were to change at any time, control software 202 

13 would switch the call to another DSP that has the appropriate software loaded to process 

14 that fiinction. This switching operation is accomplished by one of two methods. One 

1 5 method of switching requires control software 202 to re-route time slots to a particular 

16 DSP. The other method is to broadcast all timeslots to all DSPs. Control software 202 

1 7 then controls the DSP timeslot selection based on the fiinction needed. 

1 8 In operation, information flowing to and from physical devices, such as a modem 

19 226, a telephone 228, and a fax machine 230, pass through a time slot interchanger 224 1( 

20 the individual DSPs (216 and 220) for processing. The time slot interchanger 224 

21 determines the time slots for each individual physical device. The time slot interchanger 

22 224 can operate in a similar manner as TDM input 124 in Fig. 1 by assigning each 

23 physical device a time slot regardless of whether the physical device is in use or not. 

24 Alternatively, as in the preferred method discussed above, the time slot interchanger 224 
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1 assigns time slots based on need. The time slot interchanger 224 control interface is 

2 connected to a microprocessor 200. 

3 The DSP control software 202 determines the time slots for the physical devices 

4 and determines which function each of the DSPs will operate to process with every 

5 channel in each DSP running the same downloaded module. As illustrated, a first DSP 

6 216 is running a module 212 to handle G.729A voice compression/decompression on all 

7 of the channels in that DSP 216. Similarly, a second DSP 220 is running a module 222 to 

8 handle fax traffic on all of the channels of that DSP 206. The processed information is 

9 sent to and received from, in packets, an Internet Protocol (IP) network 232 (i.e. , a WAN 

1 0 or LAN type of IP network). 

1 1 An advantage of this type of system is that as the number of channels becomes 

1 2 larger, the tradeoff of restricting processing to be functionally organized becomes viable 

1 3 because the probability of using all the available processing power increases with the call 

14 volume. 

1 5 Referring to Fig. 3, a cost analysis chart for the two different approaches is 

1 6 illustrated. The chart illustrates the cost curve 302 for a multi-function DSP as compared 

17 • to the cost curve 304 for a single-function DSP. The analysis represented by this chart 

1 8 assumes that there are only three functions of which only one fits into a given DSP's 

1 9 internal memory, and that the DSPs are only capable of 4 channels of processing. The 

20 chart illustrates the cost per channel as a function of the number of channels. At a lower 

2 1 channel count (roughly, less than 1 5 channels), the cost for a single-function, multi- 

22 channel DSP is more expensive than the multi-function, multi-channel DSP. However, a 

23 the number of channels increases (above about 1 5 channels) the single-function, multi- 
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1 channel DSP becomes more cost effective. Thus, when a large number of channels are 

2 being used, the single-function, multi-channel DSP is a superior choice. 

3 The present invention has been described for a gateway for allowing 

4 telecommunication information from a TDM system to be transmitted over a packet based 

5 network over a telephone line, and for receiving packet data from the packet based 

6 network to be transported by the TDM system. 

7 Although the present invention has been described in terms of preferred 

8 embodiments, it will be appreciated by those of skill in the art that numerous 

9 modifications and variations may be made to the invention as described without departing 

10 from the scope of the invention. The scope of the present invention is limited only by the 

1 1 appended claims. 
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